In this article, a filter bank is coupled with a CFAR detector to guarantee an efficient frame detection in presence of Doppler shift. This work is realized in scope of the NEMOSENS project, which aims to produce autonomous underwater vehicles (AUVs) able to communicate and move in a network thanks to UA modems. Many adverse phenomenons occur in the context of underwater acoustic. Most harmful effects for underwater acoustic communication (UAC) are the multi-path nature of the environment, the Doppler spread and the noise variability. The proposed method reduces the number of lost frames and gives a rough estimate of delay and Doppler shift. The followed approach is supported by simulations with simplified hypotheses, but the interest of this approach is also shown in real sea experiments.
I. Introduction
The networking of heterogeneous underwater devices as autonomous underwater vehicles (AUV) or underwater positioning systems becomes more present with the deployment of reliable underwater acoustics (UA) communication techniques. Such a technology may be used for scientific [1] or industrial [2] purposes. In both cases, a reliable communication between nodes is mandatory. The communication function is assumed by an UA modem, that is a key component of the whole system.
In this paper, a part of the modem that is the basis of the NEMOSENS project is presented. The NEMOSENS project aims to develop a swarm of low cost AUVs, able to change their modem parameters to improve the communication reliability within the network. NEMOSENS is an officialy recognized project of the global economic competitiveness "Pôle Mer Bretagne", funded by BPI France and Region Bretagne. RTsys is the work package leader with the partnership of FMC, ENSTA Bretagne and IMT-Atlantique [3] . A network where each AUV is a node of equal importance is considered, which indicates that there is no central network administration. A robust TDMA with guard interval as the MAC management method is used to show the proof-of-concept. To save useful transmission time, the system is designed to have no acknowledgment mechanism accepting frame lost.
In this paper a focus is made on the frame detection of the UWA modem. An orthogonal division multiplexing (OFDM) scheme is used, as it is known for its efficiency. To decrease the channel effect, cyclic prefixes and a root raised cosine as a pulse shaping function defined in the time domain are defined. The full description of the modem is developed in [4] .
A locking mode performs the detection and synchronization with the received signal, which is highly degraded due to effects of the medium. This topic is often forgotten in applications but is essential to the detection of incoming frames. Among other degradation, the received signal is affected by a time dilation due to a Doppler shift as described in [5] . The article [5] is a reference of the state of the art and consists to use linear frequency modulated (LFM) signals around the transmitted frame. By comparing the delay between the LFM signals at the receiver with the expected delay, it becomes possible to estimate the Doppler and compensate it by interpolation. As a result, the received signal is compressed or expanded in time. Nonetheless, in [5] the Doppler shift is assumed constant over the frame, which is far from the ground truth if the frame duration is important.
The approach of [6] where a matched filter bank is used seems also interesting. It relies on a preamble presence, constituted by two identical OFDM symbols preceded by a cyclic prefix. In [6] , it is proposed to correlates the received signal with delayed and re-sampled versions of itself in a parallel strategy. The [6] method is interesting as it maximizes the signal to noise ratio, and could be used to detect frames, estimate the Doppler shift and perform the synchronization. But, it requires an assumption of a constant Doppler shift over two OFDM symbols period.
It is proposed here to synchronize received frame with only one OFDM pilot symbol. In its original version [4] , the locking mode was made thanks to an analysis of the spatial coherence between sub-carriers. It appears in practice that this estimation is efficient, but can be improved. In this paper, a change of the locking mode mechanism of [4] is proposed following the work in [6] . Nonetheless, the receiver's knowledge of the pilot symbol is used here instead of sending two identical OFDM symbols. Each filter is therefore a dilated and delayed version of the first symbol of the frame. So, the filter bank output global maximum represents the highest correlation with a particular version of the pilot symbol. In presence of a communication signal, the coordinates of the global maximum gives the beginning of the frame and an estimate of the Doppler shift. The output of the matched filter bank is a function of delay and Doppler shifts. Switching into decoding mode will be effective if the global maximum of the highest correlation is greater than a detection threshold. This paper focuses on a method to obtain an adaptive threshold in function of the signal to noise ratio (SNR) variations. Originally used in a RADAR context [7] , a CA-CFAR detector is of a particular interest here. Its input will be the output of the matched filter that gives the maximum correlation. The CA-CFAR output gives an adaptive detection threshold that can be compared to the filter bank output, and make a decision. A well-chosen set of CA-CFAR parameters make the whole system more robust to SNR and channel variations. In the following paper, the matched filter bank configuration is presented with a method that allows to adapt its parameters to the signal characteristics. Then, an analysis of the CA-CFAR configuration based on computer simulations is made. Thirdly, a validation is made on a sea record database.
II. System Model

A. Transmitter Model
Let first consider the OFDM transmitter. The subcarrier spacing B = 1/T 0 is proportional to the OFDM symbol duration T 0 . Let T = T 0 + τ the nominal duration of each OFDM symbol, where τ is the cyclic prefix (CP) duration. As proposed in [4] , the transmitted signal model is written as:
where N is the number of OFDM subcarrier, d k,n is a DQPSK (differential QPSK) information symbol transmitted on f n , the n th subcarrier and g(t − kT ) is a root raised cosine pulse shaping function defined by:
In (2), α stands for the a roll-off factor and belongs to [0, 1]. The shaping filter operation decreases the energy at the edges of OFDM symbols. As a main benefit, it mitigates the energy of inter symbol interference (ISI), as developed in [8] . For our modem the shaping function g(t) is used both at transmission and reception.
The DQPSK modulation is used to avoid channel estimation and equalization. In addition, to make a more robust transmission a convolution code and a bit interleaver are used.
B. Receiver Model
The received signal y(t) is assumed affected by two adverse perturbations: a delay t 0 and a Doppler dilatation D = (1−ν 0 /c) (with ν 0 the relative speed between transmitter/receiver, and c the acoustic propagation speed in water) such that: An AWGN channel w(t) of variance σ 2 w is considered to develop our analysis. The UA noise is usually not white, but an analysis with simplified assumptions enables a validation before further experiments at sea. Moreover, in realistic UWA with multi path channel, the receiver will be synchronized on the most powerful path. In the final section of this article an example on real data is studied to complete the theoretical approach.
The problem is to synchronize the received signal with the beginning of the frame. In the work presented in [4] , the receiver performed a joint starting time frame detection and a Doppler factor estimation This is based on the assumption that the receiver knows the first OFDM symbol of the frame. That knowledge is then used to exploit the channel coherence in frequency domain. So, the method consists in maximizing the coherence while its maximum peak gives the delay and the Doppler factor. Nonetheless, during sea trials realized in 2015, this approach shown its limits in some cases (e.g. a sudden increase in noise power during reception of a frame leads to a poor estimation of Doppler Shift or delay).
III. Detection Theory A. Matched Filter Bank
Instead of the approach developed in [4] , the knowledge of the receiver of the first OFDM symbol of the frame used as a pilot is taken into account. As developed in [5] , a maximum likelihood (ML) approach is chosen. Let us define the test (4) to develop the ML method:
As w(t) follows a normal distribution the maximum likelihood algorithm is expressed as: (5) whereφ = {t 0 ,D} is the set of every parameters and Φ is the set of estimated parameters. Deriving (5) conducts to (6):
where R(t 0 ,D) and s 0 (t 0 ,D) are given by:
The maximization of L(Φ) conducts to a joint estimation of delay and Doppler.
One may notice that the ML method will produce good detection results as it maximizes the signal to noise ratio (SNR) thanks to the partial signal knowledge. In addition, the detection reliability could be improved with the pilot sequence length. The greater N , the better the detection but assume time invariant of this duration. The choice of the filter g(t) also improves the detection criterion to have a good resolution in Doppler spread. As represented in Fig.1 , the detection peak which coordinates are (-0.1;3) gives a precise estimation of the channel parameters that are t 0 = 0.1s and ν 0 = 3m/s. In practice, the parameter estimation is realized thanks to a bank of Doppler-shifted OFDM pilot symbol s 0 (t 0 ,D). To ensure a correct detection the Doppler shift step size of the filter bank has to be small enough. It has to be chosen accordingly to the shaping filter g(t). With the chosen configuration in the Fig.1 example, it means a Doppler resolution of 0.2m/s, which corresponds to a bank of 150 different filters to compensate a speed between ± 15m/s. This resolution allows to digitize at least a value close to 95% of the maximum. This algorithm can be used with a circular buffer or as a block processing. For the present article the block processing approach is chosen, with blocks of duration T .
To make the receiver able to go in decoding mode, a peak detection has to be performed on the test in (4). To perform this detection a threshold has to be define. Let now assume that the noise variance as known to study the effect of filter bank resolution on detection. Obviously, this assumption is far from real trials but is used here as a reference of the 'best detector'. In Fig.2 , the influence of a Doppler estimation error due to the filter bank resolution is shown. When the error on the estimation increases, the true detection probability is shifted to the right. The gap with the perfect estimation becomes larger when the Doppler speed error increases. If the error becomes too important (±0.2m/s), the peak may not be sampled correctly. It indicates that the step size is too small. As the error comes to 0.5m/s, the number of true detection drops drastically. This test shows that to have a rough estimate of the Doppler speed the filter bank resolution must be much less than 1m/s with N = 240 and α = 0.8.
As defined in [9] , for the test in (4) the optimal detection threshold is
In (9), the function Q −1 (x) stands for the tail distribution of the inverse standard normal distribution.
A new threshold Γ(k) has to be calculated for each Fig. 3 . CA-CFAR detector for a complex input signal with an additional unknown phase block k. It also requires the definition of a false alarm probability P f a and the noise power σ 2 w (k) knowledge. In practice the noise power is unknown, which implies that a noise power estimation has to be made. To make the threshold operation adaptive to the received signal range, a cell averaging constant false alarm rate (CA-CFAR) algorithm is used, as described in [7] .
B. CA-CFAR Detector
Let now make a short development of CA-CFAR parameters tuning. The main principle is as described in Fig.3 . First take the maximum filter bank output and store the filter output (for a particular speed) that gave the maximum. The noise powerσ 2 w (k) is estimated over 2(M − G) values thanks to samples of each part of the peak. Here G is the size of 'guard intervals', that are the closest values of the maximum. The detection threshold is determined based on the P f a , and the test is performed. So, the issue is to determine the M , G and P f a values.
The number of samples in the guard interval depends on the peak resolution in function of the delay.
To exclude values too close to the maximum, one has to choose G accordingly. With the modem parameters, G equals 0.2ms excludes the main lobe and secondaries lobes. Let now determine the value of M . Due to the correlation, the delay range is in the interval [−T ; T ] with T the OFDM symbol period plus cyclic prefix. To minimize the variance bias of estimation, M could be set at M = T − G. The last parameter to tune is the false alarm probability (that belongs to ]0; 1[). This parameter allows the modem to be more sensitive to the noise level. However, if the P f a is too high the modem goes to decoding mode for an entire frame duration. So, the risk is to miss a frame arriving during this time laps. A low P f a is less sensitive to noise level, but conduct to miss received signals in low SNR. The best trade-off is to set a low P f a , ensuring that the passage to decoding mode is the safest. Also, a frame detection in a low SNR could only conduct to a high bit error rate, which has no interest.
IV. Experimental Conditions
During sea trials the modem described in [4] is used. The distance between the transmitter and receiver is about 800m, and 20 frames were transmitted in a row. A frame is composed by a symbol pilot and 24 OFDM symbols of T 0 = 0.06s. The CP length τ is set at 0.02s, so that the entire frame duration is 2 seconds. Each frame is send within a period of 1.5s after the previous one. The signal bandwidth is located in the 8-12kHz, and N the number of subcarrier is set at 240.
V. Sea Records
The problematic is now to choose the false alarm probability P f a for sea trials experiments. In Fig.4 , the noise distribution measured during 4 seconds is represented. This distribution is representative for the considered experiment described in the previous section. As can be noticed, a large part of noise samples follows a normal distribution. So, setting the P f a at 10 −5 excludes efficiently noise samples to be detected after the matched filter bank. For this record length, the corresponding detection threshold is represented in Fig.4 by vertical black plots.
Though, the noise also has a impulse components as can be seen in the magnified part of Fig.4 . Such samples creates peaks that can't be discarded by the detection threshold as defined above. So, the false alarm probability has to be low enough to take the impulsive noise component into account. This value should be adjusted according to sea conditions. A larger value fits for degraded transmission, for example when the wind force is important creating waves and bubbles into water.
As can be seen in Table I , a threshold calculated with a false alarm probability of 10 −5 results in many false detection. It means that the threshold is too low, which results in detecting some of the impulsive noise components. After each detection the modem is in decoding mode during 2 seconds. But, no communication signal is received in the case of a bad detection. Hence, if a frame was received during the 2 seconds after a bad detection, the message could hardly be decoded as the modem is neither able to synchronize nor compensate for the Doppler shift. In the best case, only a partial decoding of the frame could be performed. On the other hand, when the false alarm probability is well defined (e.g. 10 −12 ), only real frames are detected. In this example, there were no error during the transmission, which underline the threshold value importance. 
VI. Conclusion
In this article a methodology to choose the filter bank parameters was presented. The filter that gave the maximum correlation is feed to the adaptive detector. An analysis with the CA-CFAR detector parameter tuning was realized. This work is supported by sea tests, that showed that the theoretical approach considering a normal distribution of noise is too simplistic. So, the false alarm probability has to be lowered in order to ensure a few false detection in absence of signal. Main benefits of the matched filter bank coupled with a CA-CFAR threshold are a faster treatment and a better estimation, which significantly decrease the bit error rate.
